Abstract
I. INTRODUCTION
Evolutionary optimization algorithms have been recently successfully applied to the field of digital filter design [1] [2] . IIR filter design is an important problem in this field. In IIR filters the design parameters are the coefficients of the different terms of the numerator and denominator in the filter transfer function. Given the frequency response of the desired filter, the optimization process involves finding the optimal design parameters to minimize, or maximize an objective function. The objective function describes the performance of the designed filter, and may take into account the desired response of the filter. There are different candidates for objective functions which describe the performance of the designed filter. Such objective functions may include the L p norm approximation errors, or the passband and stopband ripple magnitudes [3] [4] [5] , or a weighted sum of both objectives. The goal of the optimization process is to find the optimal filter coefficients to closely approximate the desired filter response. The basic philosophy underlying evolutionary algorithms is that a population consisting of candidate solutions is initialized, and the agents cooperate with one another in trying to find the optimal point. One such algorithm, Harmony Search has recently emerged as a popular optimization algorithm. It simulates the improvisation process of musicians when they tune their instruments. The algorithm was introduced by Geem et al [6] , and has been successfully applied to several real-life applications [7] [8] . In this paper we introduce a variant of Harmony Search, called BAHS, which modifies the mutation process based on the variance of the harmony memory. The rest of the paper is organized as follows: Section II deals with the general optimization process for digital IIR filters. Section III describes the basic harmony search algorithm and its modification. In Section IV, we apply the modified algorithm, along with the TIA approach [10] to the design of low-pass, high-pass, band pass and band stop filters. The results of the comparison are described in Section V, and are illustrated by convergence plots, frequency response plots, and pole-zero maps. Finally, in Section VI, we offer some concluding remarks.
II. DESIGN OF DIGITAL IIR FILTERS
The following recursive difference equation describes the design of an IIR filter:
where a k and b k are filter coefficients, x(n) and y(n) are the input and output sequences, and U and V are the number of a k and b k filter coefficients where
From the above difference equation, the general transfer function for an IIR filter is: we quantize the digital angular frequency and replace the integration by a summation. This technique is called the fixed-grid-approximation. The approximated value of the L p norm error is now given by:
The range of π ω ≤ ≤ 0 is quantized into K equally spaced points, and the approximated value is calculated from the above summation. 
, and
The objective function used in our experiments is a weighted sum and is given by: 
III. THE HARMONY SEARCH ALGORITHM
Harmony Search is a population-based stochastic optimization algorithm which was introduced by Geem et.al. in [6] . Harmony Search employs musicinspired metaheuristics to find the vector for which the objective function has its global optima. Geem et al. in [6] observes that in harmony search, each dimension of the vector corresponds to a musical instrument, and the components along each dimension correspond to the notes played by each instrument. Subsequently, tuning each instrument is similar to producing a perturbation in each component of the vector. (a) with probability p hmcr pick the component from memory, (b) with probability 1 í p hmcr pick a new random value in the allowed range. 3. Pitch adjustment: Only for component x' i which was chosen from memory, with probability p par change x' i by a small amount, called the distant bandwidth, and with probability 1 í p par do nothing. 4. If x' is better than the worst x i in the memory, then replace x i by x'. Repeat from step 2 until a maximum number of iterations has been performed.
Since the selection step may decrease the population variance, the variance operators must increase it necessarily. We propose a variant of Harmony search in which (1) p hmcr is set very close to unity, and (2) the distance bandwidth for each dimension is set equal to the standard deviation. In our proposed variant, we have followed modification (1) and changed modification (2) , by setting the distance bandwidth equal to s + or s − with probability 0.5.
This promotes search capability. V. RESULTS AND DISCUSSIONS Table 2 and 3 shows optimized values of the L 1 and L 2 norm approximation errors, and the passband and stopband ripple magnitudes for the LP,HP,BP and BS filters designed by BHS and TIA approach respectively. From the table we note that the algorithm has been highly effective in the design of different types of filters, Figure 1 shows the frequency responses of the LP and HP filters, and Figure 2 and 3 show the frequency responses for BP and BS filters respectively. It is observed that the poles lie within the unit circle, thus illustrating the utility of the penalty scheme in the design of stable filters. The minimum values of the L 1 and L 2 norm approximation errors, and the minimum values of passband and stopband ripples obtained using Bandwidth-Adaptive Harmony Search. Fig.1 (a) and (c)) and TIA approaches ( Fig.1 (b) and (d)) applied to LP and HP filter design. Table 2 : The z-domain transfer functions of the LP,HP, BP and BS filters designed using the BAHS algorithm. Fig.2 (a) ) and TIA approaches (Fig.2 (b) ) applied to BP filter design. Fig.3 (a) ) and TIA approaches (Fig.2 (b) ) applied to BS filter design.
VI. CONCLUSIONS
This paper has presented a new variant of the basic Harmony Search Algorithm for digital IIR filter design. The variant has been shown to be highly effective when applied to design optimal LP, HP ,BP and BS filters. The objective functions have been successfully optimized and reflect the trade-off between conflicting objectives. The frequency responses closely approximate the ideal filter responses. Through experiments, the proposed algorithm has been shown to be superior to the TIA approach in designing digital IIR filters. Future research may focus on the application of the BAHS algorithm to the design of other types of digital filters like FIR filters, differentiators and Hilbert Transformers [11] .
